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INTRODUCTION
The evaluation studies need to investigate a determined performance metrics to understand and evaluate the examined scenarios. SIP-based Voice over IP (VoIP) applications over MANET, which behaves in a way similar to Direct Mode of Operation (DMO) in mission Critical Communication Systems, have two main performance categories related to the Quality of Service (QoS). The main performance metrics that are considered for the evaluation processes in this research are the SIP end-to-end Performance metrics as defined by the RFC 6076 (Malas & Morton, 2011 are related to the registration, the call setup, and the call termination processes. In this research study, the SIP performance metrics are based on a single SIP proxy server. For voice data, the QoS evaluation is based on two methods: the Objective method and the Subjective method. The Objective method considers the traffic throughput, end-to-end delays, packet loss, and jitter, while the subjective method considers the Mean Opinion Score (MOS), which is mostly related to the end users' experience during voice calls. The voice codec represents the compression system for voice data that is used during the calling session and affects the construction of the voice traffic volume. The other related metrics for SIP-based VoIP over MANET are the routing performance metrics. The routing mechanism of the considered MANET routing protocol is responsible for the average bandwidth consumed for routing data, the average routing traffic sent and the average routing received. In this chapter, the main performance metrics for SIP signaling and voice data are presented to identify the evaluation methods for SIP-based VoIP applications over MANET platforms
VOICE CODECS
The voice applications used to compress the analog voice signals into digital signals uses different types of voice codecs. Voice codecs are audio data compression algorithms for use for different types of voice based applications (Ganguly & Bhatnagar, 2008) . This basic stage happens on the caller's side to make the voice data transferable over the PSTN or the Internet for far distances. For wireless based VoIP applications, the voice compression is critical, as the voice signal needs to be compressed as much as possible to fit with the loose nature of wireless communications. This compression effectively reduces the bandwidth consumption and transmission power over wireless network systems. In addition, the voice compression systems create smaller packets, which reduce the packet loss ratio, and end-to-end delays that support the voice quality as the number of received voice packets relatively increase (Sinnreich, & Johnston, 2012) . The present researcher studied the SIP-based VoIP applications over MANET using four common voice codecs: 
